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BACKGROUND AND HISTORY

Along with high-definition (HD) pictures, digital
television (DTV) introduced cinema-quality sur-
round sound that had a tremendous increase in audio
dynamic range compared to its analog predecessor.
With this increase in dynamic range came the uninten-
tional consequence of severe loudness variation when
loudness was not managed correctly. Initially, the home
listening DTV audience often felt the negative impact
of the new audio system in the form of extreme loud-
ness variation between commercials and programs on
a given channel and loudness variation when chang-
ing channels across the dial. Viewers were not accus-
tomed to the inconvenience of constantly adjusting
the volume with their remote controls, but were now
burdened with having to do so to enjoy digital HDTV.

At the onset of the analog-to-digital transition and
at the crux of the problem, TV station engineers, whose
priority and typical focus is on keeping signals on the
air, were now, among many other pressing demands,
presented with DTV’s entirely new Dolby AC-3 audio
system. The new Advanced Television System Com-
mittee (ATSC) DTV standard used Dolby AC-3 digi-
tal audio encoding to reduce the bit rate needed to
deliver up to 5.1 channels of high-bandwidth, high
dynamic range surround sound. This new AC-3 digital
encoding system was a completely new and relatively
complicated technology, and it shared little similar-
ity with loudness-control techniques previously used
with analog NTSC transmission. Station engineers still
needed to become familiar with requirements for cor-
rect operation, including spending the time to master
the system’s enhanced capabilities and establishing
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matching program and advertising content delivery
specifications.

In the meantime, suppliers were continuing to mix
their digitally recorded soundtracks to specifications
that were intended for use with analog transmission
systems that would constrain range by design, with
no regard for DTV’s extreme range capabilities. No
new rules were in place for correctly delivering DTV
mixes, and no guidelines existed to help understand
how to effectively use DTV’s expanded range for cre-
ative advantage. In this environment, uncontrolled
soundtracks compounded by incorrectly set station
encoding often resulted in loudness swings of 10 dB
or more.

Meanwhile, in the mid-2000s, affordable rear-pro-
jection and flat-panel televisions had entered the
market. As a result the DTV audience was growing
significantly, and so was viewer annoyance with poor
DTV loudness control. As the situation worsened and
viewer complaints grew, television engineers became
as frustrated as the audience.

By 2006, the ATSC had recognized the problem,
and in 2007 it took action by creating an audio group
composed of industry experts to identify technical
issues and to write guidelines for solving the problem.
Shortly thereafter (and unaware of the ATSC’s work in
progress), the U.S. Congress responded to the Amer-
ican public’s dissatisfaction and initiated HR 1084,
The Commercial Advertisement Loudness Mitigation Act
(“CALM Act”). The original bill required the audio of
TV advertisements that accompanied programming on
U.S. television stations to not be “noisy or strident” and
“not be presented at modulation levels higher than the
program material they accompany.” In 2010, a revised
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version of the CALM Act became law, mandating the
use of newly released ATSC’s loudness practices by the
U.S. television broadcasting industry.

This chapter on digital television loudness man-
agement provides background and explains proven,
effective and required practices for mastering loudness
across the television audio ecosystem, with particular
focus on television engineering and operations.

The Analog-to-Digital Transition: A New DTV
Audio System and the Makings of a Growing
Problem

At the commencement of the analog-to-digital televi-
sion transition, an additional 6 MHz television channel
was assigned to each broadcaster to facilitate the tran-
sition from the legacy NTSC analog service to a new,
forthcoming and mandated digital television service
using the ATSC standard. The latter would eventually
remain as the broadcaster’s only transmitted channel
once the date for the analog shutoff was reached. This
situation posed the interim operation of an additional
digital broadcast plant, with content that, for the most
part, mirrored the output of the analog plant (i.e., it was
a simulcast transmission). To accomplish this, stan-
dard-definition (SD) digital video signals were upcon-
verted in many cases to high definition, and encoded
for emission (using MPEG-2 video compression) using
the ATSC standard on the station’s DTV channel.

Analog audio signals were digitized and encoded
to the ATSC’s standard using the Dolby AC-3 system
(branded as Dolby Digital in the consumer electronics
world), requiring a unique set of essential parameters
in the encoder to describe the audio in a completely
new DTV audio metadata authoring process. One such
parameter was channel mode. At the commencement of
DTV, most if not all audio soundtracks were encoded
in 2/0 (stereo), given that the source of the audio was
content from the analog, dual-channel mono or ste-
reo-only NTSC channel used by North American (and
other) broadcasters. This is where DTV audio’s simi-
larity with analog ends.

The Introductiovn of Digital Audio Encoding

At the time, DTV audio encoding was performed by
an onboard audio encoder that resided alongside the
video section of the ATSC broadcast encoder, or by a
stand-alone, stereo Dolby DP567 digital audio encoder.
The output stream of the device was connected to the
ATSC encoder in audio pass-through mode, enabling
the 567’s AC-3 audio stream to remain intact during
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emission encoding. The connection was straightfor-
ward, but the setup for both types of encoders could
be puzzling due to new metadata authoring require-
ments, which bore little or no resemblance to the
analog TV audio emission setup. The DP567 stereo
encoder was quickly supplanted by the DP569, a 5.1
audio channel capable unit, which was for many years
thereafter the only device available to encode digital,
discrete surround sound for DTV.

As seen in Figure 5.14-1, the DP569 bears little physi-
cal resemblance to earlier analog audio equipment, and
its setup was equally new to the user. As part of the meta-
data authoring process, numerous parameters required
examination of their default settings by the broadcaster.
Some settings were for informational purposes, but
many directly controlled the audio being encoded.

Aslisted in Table 5.14-1, “dialoglevel” (which would
come to be known as “dialnorm” or “dialog normaliza-
tion”) tops the list of metadata control parameters. This
item would become the focal point of loudness control
for digital television for content creation, broadcast
emission and, most importantly, the listener experi-
ence, and it remains so today. That being just one of
twenty-seven new parameters, it’s easy to understand
how the broadcast operator could become consumed
with many new settings yet still need to investigate the
overall workings of DTV loudness control using this
very important dialnorm parameter. This all took place
in the context of those engineers having to focus on the
revenue-producing analog NTSC channel while estab-
lishing a new ATSC DTV channel, as well.

In NTSC analog television, audio loudness was
controlled to ensure that 100% modulation of the fre-
quency-modulated FM audio carrier was not exceeded.
Analog TV broadcasting is capable of ~50 dB of range,
with dialog typically 17 dB below 100% modulation.!
ATSC AC-3 audio is capable of >100 dB of dynamic
range; perceptually, this equates to 32 times the dynamic
range of analog broadcast audio. See Figure 5.14-2.

NTSC audio was frequently processed with
dynamic range control ahead of the studio-transmit-
ter-link or at the transmitter. This was often performed
by a stand-alone device, or with an optional card in
or alongside the stereo generator at the transmitter.
This device was relied upon for protection against
overmodulation and, as a by-product, it was effective
against loudness shifts while evolving to create pleas-
ant although altered sound for the listener. As a result,
this process changes the sound from what the content
creator intended, but it was necessary to fit the audio
within the modulation constraints of the analog trans-
mission. See Figure 5.14-3.
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FIGURE 5.14-1 The Dolby 569 Digital Audio Encoder, the first device capable of encoding 5.1 surround sound for

ATSC Digital Television.
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TABLE 5.14-1
The Metadata Parameter table from the Dolby
DP569 Digital Audio Encoder Operator’s Manual.
(Extended Bitstream Information parameters are
in italics.)

Metadata Parameter Informational | Control

Dialogue Level X

Channel Mode X

LFE Channel X

Bitstream Mode X

Line Mode Compression

RF Mode Compression

RF Overmodulation Protection

Center Downmix Level

Surround Downmix Level

XXX | X|X|X

Dolby Surround Mode

Audio Production Information

Mix Level

Room Type

Copyright Bit

X[ X|X|X|X

Original Bitstream

Preferred Stereo Downmix

Lt/Rt Center Downmix Level

Lt/Rt Surround Downmix Level

Lo/Ro Center Downmix Level

Lo/Ro Surround Downmix Level

XX | X[ X]|X|X

Dolby Surround EX Mode

A/D Converter Type X

DC Filter

Lowpeass Filter

LFE Lowpeass Filter

Surround 3 dB Attenuation

X | X |X|X]|X

Surround Phase Shift

>100 dB

32 x’s*
ENTSC =50 dB

BATSC =100 dB +

*Perceptual doubling of
loudness for each
10 dB increase

50 dB

FIGURE 5.14-2 Analog versus digital TV audio
dynamic range.[1]
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FIGURE 5.14-3 Typical NTSC audio loudness control.

ATSC TV: Digital Audio L

Digital Audio with
Dialnorm Metadata
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Intended Dynamics
Normalized Loudness

FIGURE 5.14-4 ATSC audio loudness control, in which
intended audio dynamics are preserved in the broad-
cast via dialog normalization.

As mentioned earlier, the AC-3 audio system
defined in the ATSC digital television standard uses
metadata to control loudness and other audio parame-
ters more effectively without permanently altering the
dynamic range of the content.” The dialnorm parameter
is used to normalize the loudness of the content. As
required in the standard, for correct operation of the
loudness normalization system, the value of the dial-
norm parameter must match the measured loudness
of the content. This has come to be called “the Golden
Rule.” See Figure 5.14-4.

Analog TV audio measurement techniques did not
focus on the actual loudness of the content. Familiar
volume unit (VU) and peak program meters (PPM)
measured electrical (not perceived loudness) levels;
they were used to protect equipment against overload
and to establish a nominal operating point above the
noise floor while maintaining adequate headroom
below clipping. In contrast, two key elements for audio
measurement in the digital TV system are true peak and
loudness levels. True peak measure helps the operator
protect against clipping, and a useable loudness mea-
surement is needed to avoid unwanted wide variations
in what the listener hears.* The difference between the
familiar, available measurement techniques used for
analog TV and the new ones required for DTV added
yet another challenge for the operator.

Introduction of the Broadcast Loudness Meter

This DTV loudness paradigm included the develop-
ment of a new digital television broadcast loudness
meter, whose first of many incarnations would be the
Dolby LM100 (see Figure 5.14-5). At its introduction,
the device read in units of Leq(A), an available legacy
technique effective for measurement of motion picture
soundtracks. The meter lacked true peak measurement
capability at the time. Leq(A) would soon be sup-
planted by ITU-R BS.1770: “Algorithms to Measure

Audio Program Loudness and True Peak Audio Level.” AuQ28
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FIGURE 5.14-5 The Dolby LM100 Broadcast Loudness Meter.

This seminal document is described in Chapter 5.18
and will be further discussed later in this chapter.

The meter introduced a selectable algorithm called
Dialogue Intelligence, allowing the LM100 to automati-
cally base ITU-R BS.1770-1 or Leq(A) measurements on
the portions of the input signal that contain the char-
acteristics of dialog.” The LM100 did not use a familiar
sweeping needle or LED cluster display. It measured
and displayed its readout as a single numeric value of
the audio loudness, measured over a period of time. The
operator could choose either “short-term,” the report of
an updated average of the content loudness for the pre-
vious 10-second period, effective for measurement for
live mixing in real time, or “infinite,” an ongoing aver-
age that could be controlled by pause/reset selections
on the front panel, and effective for measuring recorded
content. In addition, the LM100 was capable of reading
the dialnorm parameter from an AC-3 bitstream, and it
displayed that value next to the measured audio loud-
ness reading for easy comparison. The LM100 was lim-
ited to reporting loudness of 2 channels of PCM sources
and up to 5.1 channels of Dolby AC-3. It could also mea-
sure up to 8 channels of Dolby E, which was at the time
a new, mezzanine-level® audio codec” intended for pro-
fessional postproduction and distribution use.

Equipped with a broadcast loudness meter, the
operator could now measure the standardized loud-
ness of content at production, postproduction and
ingest, as well as the loudness of the digital television
station output and its dialnorm value at transmission.

Content Loudness and Dialnorm

Equipped with loudness metering but withnonew content
delivery recommendations for audio loudness in place,
operators quickly realized that programs and commer-
cials were being recorded and delivered at widely variable
loudness levels. To fulfill DTV’s promise of theater-like
sound, no compressor-limiter-type control devices were in
the path to manage useable range and normalize the loud-
ness at the station output. Instead, it was intended that the
operator rely on dialnorm to normalize the loudness. To
do so as designed, dialnorm metadata, reflecting the mea-
sured loudness of the audio, needed to accompany each
piece of content, travelling from content creation, through
distribution and to emission encoding. If present, a sin-
gle dialnorm value could dynamically change within the
AC-3 stream to match the measured average loudness of
complete shows or complete commercials it accompanied.
Decoders would apply the specific dialnorm value at con-
tent boundaries, attenuating the audio at the output of the
receiver by an offset value needed to achieve the system
normalization reference value of —31.

For example, content encoded with a -20 dial-
norm value would be attenuated 11 dB, while content
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encoded with a —31 value would not be attenuated. If
dialnorm always matched actual content loudness (the
Golden Rule), the audience would be presented with
smooth loudness transitions at content boundaries
and channel changes, all normalized to -31 in a pro-
cess that was seamless, while maintaining the content
creator’s artistic intent.

Encoding Dialnorm Metadata with Content

The means to include dialnorm metadata with the
audio essence at this time was limited to encoding
the audio at postproduction with Dolby E—or in a
subsequently developed process, as vertical ancillary
(VANC) data—inside the serial digital interface (SDI)
video and audio signal .®

The Dolby E codec was developed to expand the
number of audio channels available at production
from the limits of four-channel VIRs and servers to
eight channels, therefore facilitating DTV’s new 5.1
surround format and more.’ The codec included meta-
data authoring compatible with AC-3. This data and
audio was efficiently designed to be distributed over
a single AES3 pair,'® either alone or embedded in SDI.
Unfortunately, this would add another layer to DTV
audio challenges by adding two frames of delay and
requiring special monitoring gear. Though very effec-
tive when operated in a managed system, and with
some success in postproduction situations, terrestrial
broadcasters shied away from Dolby E’s universal
usage. VANC metadata insertion practices came later
on, but existed under two different standards. They
were rejected by the Hollywood postproduction audio
community due to the risk posed to a show master
when assembling the data into the video portion of a
tape, an unfamiliar technique for audio operators.

The Results of Wide-Range DTV Audio
without Loudness Control

In many cases, with no valid loudness metadata and
no analog loudness control type device in place, audio
was delivered to the audience unaltered and without
loudness normalization, exactly as supplied by various
content creators, with the ability to access the full >100
dB of DTV’s dynamic range. In addition, the broad-
cast encoder’s dialnorm value was typically left at its
default value of —27, and this value seldom reflected
the actual loudness of the content.

As evidence of operators’ growing dissatisfaction
with the performance of the system, a number of sta-
tions changed their static dialnorm value to -31, essen-
tially “turning off” the DTV loudness normalization
system. Exacerbating the problem, this now created
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excessive loudness variations on channel changes
by users, in addition to shifts at content boundaries
within a channel (e.g., programs vs. commercials). In
addition, stations attempting to apply the Golden Rule
were now penalized in some markets, because a sta-
tion adhering to the ATSC standard and the Golden
Rule had its audio attenuated to AC-3’s -31 loudness
reference, while stations turning off the system and
broadcasting audio at a typical —20 dBFS were trans-
mitting audio 11 dB louder than compliant stations.

As affordable flat-panel displays hit the market
in the mid-2000s and the DTV audience grew, so did
annoyance with television audio. The ineffectiveness
of the system irked the listener with its loudness varia-
tions often exceeding 10 dB, and it plagued the broad-
caster in the form of growing user complaints and
impending government regulation.

The need for a reevaluation of the system or a mutu-
ally agreed-upon industry recommended practice was
never more apparent.

ATSC Takes Action

With growing dissatisfaction over the use and perfor-
mance of the DTV audio loudness system, television
station engineers referred to the ATSC standard for
guidance on exactly what was required to manage
audio loudness.

What they found in the original ATSC A /53 Audio
Standard was the following:

Dialogue Level

The value of the dialnorm parameter in the AC-3 elementary
bit stream shall indicate the level of average spoken dialogue
within the encoded audio program. Dialogue level may be
measured by means of an “A” weighted integrated measure-
ment (LAeq). (Receivers use the value of dialnorm to adjust the
reproduced audio level so as to normalize the dialogue level.)"

TV engineers questioned the wording of the standard.
Why was average spoken dialog used as the reference?
What if content had no dialog? Was Leq(A) (corrected
abbreviation for “LAeq” that appeared in the standard)
adequate for the measurement of TV sound?
Fortunately, work was underway at this time in the
ITU-R (International Telecommunications Union—
Radiocommunication Sector) on development of a con-
temporary loudness measurement recommendation.
Aside from that, however, there was no other indus-
try-wide recognized and suitable information, and no
other standards or official recommended or best prac-
tices that could be used at the time. The section on dia-
log level of the ATSC standard seemed ambiguous and
unfamiliar. In the meantime, consumers did not expect
and were annoyed by large changes in audio loud-
ness from program to interstitials, and from channel
to channel. Clearly, a proper solution was required."

Formation of ATSC S6-3 Audio Subgroup

In December 2006, the ATSC Board of Directors rec-
ognized the loudness problem and assigned a work
item to the responsible Technology Group. In April of
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2007, ATSC S6-3 formed an ad hoc audio subgroup to
develop a scope of work to “investigate issues relat-
ing to variations in reproduced audio levels within the
ATSC Digital Television System,” with an objective to
have their work “ultimately result in the drafting of a
Recommended Practice on Audio Loudness.”*

The proper expertise and industry representa-
tion was needed in order for the group’s work to be
effective and for its efforts to achieve consensus and
approval by the ATSC membership and by the indus-
try at large. With this in mind, a group of engaged and
assertive audio experts from commercial TV and cable
networks, public television, professional audio equip-
ment manufacturers, academia and other standards
organizations was assembled. The group’s expertise
included broadcast system and laboratory engineering,
audio production and postproduction mixing, system
and circuit design, motion picture sound, and cable,
satellite and telco television distribution, along with
input from other standard development and industry
trade organizations. With these key stakeholders in
place, the group took on the task of solving the DTV
audio loudness problem.

The first face-to-face meeting of the group was a
“Digital Television Audio Loudness Summit” held
in July 2007 at the University of Southern California
(USC), attended by over 60 participants. Its intent was
to create a heightened awareness of the issues involved.
The outcome of the meeting concluded that DTV loud-
ness was indeed a serious problem shared by many
parts of the industry along with the TV audience.

ATSC S6-3 then determined that a thorough and
lengthy industry-wide effort would be required to cre-
ate effective guidelines that would be both sanctioned
by the ATSC and effectively practiced by the entire
audio ecosystem, from content creation to emission.
They immediately began their work.

An Initial Step: Using ITU-R BS.1770

In order to create effective loudness guidelines, a uni-
form measurement method was deemed essential, and
considered to be the cornerstone of any loudness nor-
malization solution. Given that ITU-R BS.1770 had been
approved and published in July 2006 (following years of
development), the group soon agreed to base its solution
on such a worldwide, common reference for loudness
measurement. This recommendation introduced a value
identified in units of LKFS (Level integrated over the
time of the segment, using K frequency weighting—a
new equalization curve developed for loudness mea-
surement, reflecting human perception—and relative to
Full Scale digital level). A detailed description of ITU-R
BS.1770 is presented in Chapter 5.18.

An experiment at USC was conducted in the fall of
2007 by using typical broadcast content and having a
group of six award-winning mix engineers “normal-
ize” the clips by ear in a calibrated listening environ-
ment. Fader information was collected from these
adjustments and compared to the BS.1770 measured
values for the same content. The maximum deviation
between objective measurement data (via a BS.1770
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FIGURE 5.14-6 ATSC S6-3 objective versus subjective
loudness measurement experiment results.

loudness meter) and subjective data (expert listener
reaction) was less than +2 dB."* (See Figure 5.14-6.)
With these firsthand results, the group was satisfied
with the performance of the measurement recommen-
dation and could now move on to consider additional
essential elements of study for their main objective—a
recommended practice on loudness.

ATSC A/85: Techniques for Establishing and
Maintaining Audio Loudness for Digital
Television

With group acceptance of the new ITU loudness mea-
surement recommendation secured, S6-3 focused its
work on the practices engineers would need to master
and implement in order to solve the loudness problem.
The initial draft for the group’s recommended practice,
to be called “ATSC A/85: Techniques for Establishing
and Maintaining Audio Loudness for Digital Televi-
sion,” contained sections on loudness measurement,
audio monitoring environment, metadata management
considerations and dynamic range management. As
their work progressed over the period from April 2007
to the initial release of A/85 in November 2009, fol-
lowed by updates in 2011 and 2013, this list would
expand as the group continuously tracked the loudness
problem by reacting to ongoing technical activity in the
industry and impending government regulation.

A/85 and the CALM Act

In 2008, the Commercial Advertisement Loudness Mit-
igation (CALM) Act was introduced in Congress as a
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reaction to consumer annoyance with the loudness of
commercial advertising on television. In June of 2009,
Congressional hearings were held and Congressional
staff attended a technical demonstration on the prog-
ress of the ATSC’s work, where it was shown that an
industry-wide answer was near completion and its
release was imminent. In October, a markup of the bill
was created that would later become law in Decem-
ber 2010. The signed bill stated:

Rulemaking Required. Within 1 year after the date of enact-
ment of this Act, the Federal Communications Commission
shall prescribe pursuant to the Communications Act of 1934
(47 U.S.C. 151 et seq.) a regulation that is limited to incorpo-
rating by reference and making mandatory (subject to any
waivers the Commission may grant) the ‘Recommended
Practice: Techniques for Establishing and Maintaining Audio
Loudness for Digital Television’ (A/85), and any successor
thereto, approved by the Advanced Television Systems Com-
mittee, only insofar as such recommended practice concerns
the transmission of commercial advertisements by a televi-
sion broadcast station, cable operator, or other multichannel
video programming distributor.”®

The revised bill reflected a key shift away from sub-
jective terms such as “strident” and “modulation” in
favor of contemporary solutions, and this language
ultimately became law. ATSC A/85’s modern recom-
mendations had now been validated as the solution to
the irking problem of loud commercials on TV. These
ATSC industry guidelines became government-man-
dated practices that TV broadcast stations and cable,
satellite and telco TV operators must follow.

Six years later, after its effectiveness had been
proven, ATSC A/85 was honored with a 2015 Acad-
emy of Television Arts and Sciences Engineering
Emmy Award for dramatically improving consumer
satisfaction.'® See Figure 5.14-7.
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FIGURE 5.14-7 Members of the ATSC Leadership
and S6-3, receiving A/85’s 2015 Academy of Televi-
sion Arts and Sciences Engineering Emmy Award for
dramatically improving consumer satisfaction, at the
Bellagio Hotel, Las Vegas, NV, January 8, 2015. Left
to right: Jerry Whitaker, VP, ATSC; Glenn Reitmeier,
ATSC Board Chair; J. Patrick Waddell, ATSC S6 Chair;
Jim Starzynski, ATSC S6-3 Chair; Mark Richer, ATSC
President; Rich Chernock, ATSC TG-3 Chair; Greg
Coppa, ATSC S6-3; Craig Todd, ATSC S6-3.
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The next sections of this chapter will explain the
mastering of A/85’s vital technical practices for digi-
tal television audio loudness management when using
the ATSC AC-3 audio system, including references to
current government DTV loudness regulations and
enforcement at this writing.

EFFECTIVE LOUDNESS
NORMALIZATION USING ATSC A/85

Just like other important technical facets of television,
the mastering of DTV loudness requires the harmo-
nization of operational and engineering practices by
the operator. This applies to the entire audio ecosys-
tem from content creation, distribution and emission.
There are a number of essential elements that must
be considered that, when effectively coordinated and
practiced, will yield an easily manageable loudness
workflow for the professional, resulting in an enjoy-
able listening experience for the consumer.

These practices are documented and explained in
ATSC A /85: Techniques for Establishing and Maintain-
ing Audio Loudness for Digital Television. They are
the basis of effective and compliant loudness control,
mandated by the federal government and reflected in
the FCC rules.

Applying the “Golden Rule”

The Golden Rule of the ATSC recommended practice
is that the transmitted dialnorm value must correctly
identify the loudness of the content it accompanies in
order to prevent excessive loudness variation during
content transitions on a channel (e.g., TV program to
commercial) or when changing channels."” Implemen-
tation and consistency with this fundamental is the
starting point and key to ensuring success and a good
DTV loudness consumer experience.

To effectively apply the “Golden Rule,” an operator
must consider the following:

1. The importance of dialnorm.
2. The use of agile or fixed metadata during emission.

3. If the operator chooses a fixed metadata system
that matches the chosen dialnorm value selected
in the emission encoder, a content target loudness
value must be universally implemented across the
entire operation.

4. A content delivery specification should be written
and distributed to all internal and external
content suppliers explaining technical audio
and loudness requirements and the expected
characteristics of delivered content based on these
needs. This specification should also describe
any audio loudness practices used downstream
by the recipient operator during content ingest,
distribution and/or emission for reference by the
supplier.

5. Good loudness metering practices ensuring the
creation of compliant content must be employed

N4B

15031-0771.indb 773

DIGITAL TELEVISION AUDIO LOUDNESS MGMT.

at ingest, during production and postproduction,
through distribution and emission, and for
monitoring of short-form and long-form content.
ATSC A/85 defines specific practices for these
different operations.

6. Content creation, editing and monitoring facilities
should be designed and equipped to adequately
support operator loudness judgments in all
environments.

7. The operator should analyze all content delivery
paths and ensure a suitable loudness control method
is employed for each, preventing the emission
of non-normalized, noncompliant content to the
audience, with a goal of maintaining audio quality.

The next part of this section will explain how these
important points contribute to effective loudness man-
agement. ATSC A/85 documents the necessary pro-
cesses. An explanation of each element and how they
work together follows.

Dialnorm

During the initial design of the AC-3 system in the late
1980s and early 1990s, those responsible for its spec-
ification and features were very familiar with both
current analog practices for loudness control and tele-
vision audio soundtrack creation. As explained earlier,
an analog broadcast processor protected against dis-
tortion and overmodulation, smoothed overall loud-
ness for the listener and was effective at doing so over
a broad range of content loudness at its input. As a
consequence, however, the dynamic range of the con-
tent as delivered by the supplier was altered and no
longer represented the full intent of the content creator.
At the time, content came from many suppliers work-
ing in different genres at numerous facilities. Although
reference setup tones on TV content were delivered at
—20 dBFS for the most part, mixes were not delivered
under specific dialog loudness standards. Those devel-
oping AC-3 recognized this and did not believe that
this practice could change.

With this in mind, the AC-3 system was designed to
manage loudness and dynamic range in a completely
different manner than its analog predecessor. With a
goal of carrying the content creator’s intent all the way
through to the listening audience, a means would need
to be developed that could make use of digital’s wide-
range capabilities but still yield a pleasant listening
experience for the audience. Dialnorm was invented to
accomplish these goals.

The dialnorm concept:

¢ A mix engineer should have the latitude to choose
how loud the dialog (“anchor”) element is in a mix,
placing it appropriately in the overall available
dynamic range of the soundtrack, with genre-based
considerations for soft passages, and allowance of
headroom for loud effects and music.

¢ The anchor element is the perceptual loudness
reference point or element around which other
elements are balanced in producing the final mix
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of the content, or that a reasonable viewer would
focus on when setting the volume control.’®

¢ Dialog forms the anchor element in the majority
of television programs." This is exemplified by
a listener’s choice to set his or her listening level
to the storyline of the content. (A /85 describes
proxies to be used as anchor elements if no dialog
is present in the content.)

e With one common point identified as a “reference”
or “anchor” section in any soundtrack, this point
is loudness-measured and labeled with dialnorm
metadata.

¢ Then, at content boundaries, all elements of every
soundtrack are raised or lowered in level by the
system once, so the anchors match each other in
loudness during decoding at the listener’s receiver.

Using this audio loudness management process makes
the loudness of each soundtrack anchor perceptually
the same, thereby normalizing loudness and meet-
ing the goal of maintaining full creative dynamic
range. This is essentially identical to a listener physi-
cally moving a volume control up or down at program
and commercial boundaries to maintain a comfort-
able loudness, except this action is now happening
automatically by using a continuous flow of changing
dialnorm metadata in the bitstream to control the loud-
ness of the receiver. Because all elements of the mix get
louder and softer by the same increment as the anchor
is adjusted up or down, dynamic range is unaltered.

Metadata System Options: Agile,
Preset or Fixed

As an essential first step in an audio loudness man-
agement plan, the digital television operator must
determine a metadata operating mode for the audio
encoder. A/85 lists three possibilities: agile metadata,
preset metadata and fixed metadata. The dialnorm param-
eter is the basis of the loudness system and is impacted
by the choice of metadata mode selected. Many factors
contribute to an operator’s decision to choose one over
the other. An explanation of how the dialnorm param-
eter is impacted by this choice follows.

Agile Metadata System

An agile metadata system (see Figure 5.14-8) is
required to achieve the full capabilities of dialnorm.
Because metadata must be present with the content
and maintained at all points in the digital TV eco-
system, the following practices and conditions apply
when a broadcaster chooses to pursue end-to-end dial-
norm loudness implementation by means of an agile
metadata system:

e Content is specified to contain a dialnorm metadata
value encoded in the deliverable. The loudness
value is left to the discretion of the content creator.

* The content recipient (operator) specifies how
the dialnorm metadata will be encoded in the
deliverable based on the systems the recipient
has in place for ingesting and distribution of the
content. A /85 specifies these techniques in its
section 7.5.1. Two such methods are standardized
by SMPTE.? The Dolby E codec is another method
of delivery that also uses metadata encoding.

¢ The entire broadcast plant infrastructure must be
compatible with synchronous and uninterrupted
passage of the metadata stream.

* Monitoring equipment in the path must react to the
dialnorm parameter in order to present an accurate
representation of the content loudness that will be
presented to the listener.

* The broadcast audio encoder must be capable
of receiving the active dialnorm metadata and
changing the dialnorm parameter in real time,
under metadata stream direction.

Meeting the conditions needed for an agile system
presents a difficult challenge to the broadcaster. This
is based on the many different parts of the ecosystem
that must work in perfect concert to rule out poten-
tial risk to content. If the flow of metadata becomes
corrupted or interrupted for any reason, the operator
should be aware that a protection or reversion mode
engages in the broadcast encoder that must be provi-
sioned to use a set of parameters suited to guarantee
an acceptable (though not ideal) presentation of any
supplied content.
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FIGURE 5.14-8 Simple diagram of an agile metadata system from ATSC A /85:2013.
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As explained earlier, dialnorm is one of many meta-
data “control” parameters in the AC-3 system. Under
fault conditions, an inaccurate dialnorm value of con-
tent loudness will make content soft or loud, but for the
most part still understandable. However, if 5.1-channel
surround sound content is mislabeled with incorrect
channel metadata (also encoded as “control metadata”
and carried in the same metadata stream as dialnorm),
for example, 5.1 (3/2L mode) content is mistakenly
labeled with stereo (2/0 mode) metadata, only the left
and right channels of the 5.1 content will be heard.
These channels usually contain only music and effects
and in most cases do not contain dialog. In this situa-
tion without dialog, the listener is presented with an
unacceptable condition, under any circumstance.

The conditions above, particularly along with the
lack of interest by Hollywood in encoding metadata
into a show master and with a resistance to the use of
Dolby E by terrestrial broadcasters, make it difficult
for a broadcaster to accept the risk associated with the
complexity of an agile metadata system regardless of
the benefit. Therefore, A /85 offers its other two alter-
natives, preset and fixed metadata.

Preset Metadata

The preset metadata system (see Figure 5.14-9) is based
on engaging encoder presets loaded with different
dialnorm values. This method is useable only when
unique triggers are available from the plant automa-
tion system or by general-purpose interface (GPI) from
master control.

If a category of content uses the same dialnorm
value and plays out with a unique trigger, a preset can
be engaged in the audio encoder with dialnorm meta-
data matching the loudness of this content. For exam-
ple, a disc playback device stores long-form program
inventory, all recorded at the same -27 LKFS dialog
loudness, and when this device is selected by automa-
tion to go to air, the audio encoder receives a trigger
from the automation system to engage a preset with
a —27 dialnorm setting. The same station uses a differ-
ent device to store short-form commercial inventory
all recorded at the same —22 LKFS loudness. When
this device is selected by automation to go to air, the
audio encoder receives a trigger from the automation

DIGITAL TELEVISION AUDIO LOUDNESS MGMT.

system to engage a different preset with a —22 dial-
norm setting.

This technique allows for a change in dialnorm
value based on content loudness but does not require
the complexity of a fully agile system. It affords the
operator some latitude in content loudness while
reducing major risk. This method can also be used
to switch other metadata parameters, for example,
channel mode, potentially switching between 5.1
and two-channel stereo content. However, caution is
required, since preset mode presents the possibility for
an audible glitch in the receiver during switching, and
therefore an AC-3 frame synchronizer should be con-
sidered to mitigate this problem.

Preset metadata mode was suitable early in the DTV
transition, when content loudness and channel mode
could be easily categorized. Programs were frequently
delivered at the same dialog loudness and the same
value worked well in many cases for the majority of
two-channel commercials and promos. Considering
the possibility for varied loudness across all content
and its susceptibility to audible glitches, preset mode
was limited in its usefulness, however.

Fixed Metadata

If one is able to imagine the notion of taking the agile
metadata system and working in reverse, this would
create the basis of the fixed metadata system (see
Figure 5.14-10).

As described in the agile system, to fulfill the Golden
Rule, dialnorm is set to match content loudness. In the
fixed metadata system, to fulfill the Golden Rule, the
opposite process is applied, by which content loud-
ness is adjusted to match the dialnorm value. A single
dialnorm value is set or “fixed” at the audio emission
encoder, and all content is adjusted in level to meet the
loudness indicated by this dialnorm setting.

To make this effective, content creators and broad-
casters both must agree on a deliverable loudness
recommendation that suits their needs. Broadcasters’
main interest is minimizing risk to the content. A fixed
system poses the least amount of such risk, having
the audio encoder simply set to a value that is never
changed. Content creators did not embrace the encod-
ing of dialnorm metadata in their soundtracks, so they
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FIGURE 5.14-9 Simple diagram of a preset metadata system from ATSC A /85:2013.
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FIGURE 5.14-10 Simple diagram of a fixed metadata system from ATSC A/85:2013.

came to understand where the dialog loudness “sweet
spot” for television could reside.

The Fixed Metadata System and ATSC Target
Loudness Recommendation

The experts in ATSC S6-3, in conjunction with their
content suppliers, agreed on the following indus-
try recommendation for content dialog loudness,
which was intended to work under a fixed metadata
system:

For delivery or exchange of content without metadata (and
where there is no prior arrangement by the parties regard-
ing loudness), the Target Loudness value should be -24
LKFS.2

As noted earlier, the creators of the AC-3 system
never foresaw the possibility of this type of agreement
between content creators and operators and therefore
created the dialnorm system and the agile metadata
concept in pursuit of a wide-range listener experience
and creative flexibility during content creation. Nev-
ertheless, a universal target loudness recommendation
and the fixed metadata system became the preferred
answer when operators looked for an alternative to
agile dialnorm metadata.

The selected value of —24 LKFS was close to the fig-
ure for similar work going on in Europe by the Euro-
pean Broadcast Union (EBU), which had chosen -23
LUFS (Loudness Units Full Scale, an identical measure
to LKFS). ATSC compromised at —24 LKES, a figure
that was also within reasonable reach of —27 LKFS, the
average dialog loudness of typical episodic content at
the time.

Given this agreed-upon recommendation, operators
set their dialnorm values uniformly to —24 and spec-
ified content to match the dialnorm value, therefore
fulfilling the Golden Rule and minimizing risk to con-
tent by reducing the complexity of the content delivery
and broadcast distribution system. This undertaking
resulted in a gradual improvement in program-to-in-
terstitial transitions and established a uniform loudness
across the dial. Broadcasters adopted the recommen-
dation, and a significant improvement to TV loudness
was presented to the listener.
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Metadata System Choice

For all the reasons stated above, broadcasters should
give serious consideration to developing individual
workflows that support target loudness normalization
of content upstream of the broadcast encoder, and the
choice of a fixed metadata and dialnorm value. Use of
a hierarchy of these workflows preserves quality and
will be described later in this chapter. However, A/85
suggests the option of a loudness-control processor at
the end of the signal chain to force target loudness at
the output of the channel if upstream normalization
of content is not practical. This choice should only be
considered if no other means are available, as it limits
dynamic range and alters the content, similar to apply-
ing range-altering NTSC techniques to DTV.

In most cases, the ATSC recommendation of —-24
LKFS will be suitable to content creators and operators
for exchange and emission of the long-form programs
and events, short-form commercials, promotional
material and public service announcements that make
up most broadcast content.

Note that a fixed metadata system can work effec-
tively using any value appropriate to the content as
long as the Golden Rule of content loudness and dial-
norm matching is fulfilled. Creators and distributors
of “premium” content may choose a different aver-
age dialog loudness and dialnorm value, for example,
—27 LKFS, to permit additional headroom for wider
dynamic-range soundtracks.

CONTENT DELIVERY SPECIFICATIONS

A content delivery specification is required to identify the
elements of good loudness practices.

Documenting and distributing the necessary tech-
nical requirements and recommendations for content
delivery are important but often overlooked steps to
managing audio at any facility. The purpose of the
specification is to inform both internal and external
content suppliers of the necessary steps to be taken
when mixing audio, so the delivered soundtrack is
compatible with systems used by the operator, and
the soundtrack will present well to the audience. The
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specification strives to ensure that the content will
meet the expectations of the creator, the operator and
the audience.

ATSC A/85is clear on a number of important guide-
lines that should be conveyed to those creating content
and specified by the operator receiving the content.
The operator should list these guidelines for the sup-
plier, making certain to include any specifics that per-
tain to how the operator’s handling of the content will
impact the audio delivered to the listener.

Though other technical parameters for delivery
should be included in the specification, this section
describes the content delivery specification only as it
applies to DTV loudness. Note that this information
assumes the operator is employing a fixed metadata/
dialnorm system. The specification should include the
following:

* Areference to ATSC A/85, Techniques for Establishing
and Maintaining Audio Loudness for Digital Television,
for information on creating, measuring and
distributing audio for DTV. It is a good practice to
include a link to the